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1.Introduction
Nowadays , it is no doubt that TV sports programs play an increasingly important role
in humans’ daily life. From the data of CSM（A professional organization for audience
rating research in China), in the quarterfinals of The 2010 World Cup, the audience
rating of CCTV(China Central Television Station) is beyond 11%, which means over
130 million people in China have watched the game, and it will bring about 50 million
Chinese dollars to the TV station directly. No one can neglect such a huge amount of
commercial profits generated by live sports programs.
As for audio transmission, the jollification and liveliness from the football field, the
cheer from the audience and passionate voice from narrator are all important and
indispensable sound elements.
However, in practical, there are some problems can not be ignored. Due to the
variation of sports games, it is really hard to predict the live sound pressure level, for
example, when a goal happens, the sound from audiences could exceed 120dB with
no difficulty. But as for audio system, it would be a nightmare, such a large level will
cause seriously overload, and maybe damage the audio system. And another problem
is how to balance the sound of narrators with the live sound. If the narrator’s sound
level is increased, it will lead to less atmosphere from the field , whereas in opposite
case, the narrator’s voice will be masked by the live sound. In the earlier era , the
voice will be controlled by adjusting the faders manually. Obviously, it is inefficient
and inconvenient.
2.SPECIFICATION
In this case, a digital compressor will be a good solution. Firstly, it could be a peak
limiter to protect the devices from overload. When the input signal’s level is over the
threshold, the overshooting signal will be compressed by a high ratio(more than 10:1),
if the setting of threshold is appropriate, the output signal will not exceed the the
dynamic range of the audio system.
Moreover, the issue of the balance the live sound and narrator’s voice also could be
solved by utilizing a side-chain compressor, which sometimes called ‘parallel
compression’, we can regard the narrator’s voice as the control signal of the
compressor, when narrator begins to speak, the detected signal will trigger the
compressor, but what is different is that, the live sound will be compressed instead of
the voice. And when the narrator stops talking, the live sound will recover to the
original level.
And in addition to this, because most of the frequency band of human’s voice is
within 300Hz to 3.4kHz, so in order to keep other frequency bands of live sound, we
can split the live sound to 3 bands by using low-pass, band-pass, and high-pass filters,
and the crossover frequencies are 300Hz and 3.4kHz. After that, only the mid-band
signal will be compressed instead of the entire signal. In this way, we can remain the
original live sound as much as possible.
3.IMPLEMENTATION
3.1 Using a limiter to compressed the live sound
Figure 1 Flow diagram of a typical limiter
Where:
x(n):input signal
AT:attack time
RT:release time
ct:compressor threshold
It can be illustrated by Figure(1) that, when the input signal(live sound) is fed to the
limiter, it will be separated to two paths, the first path is to add a delay to the input
signal, ‘which is aim to give the detector more time to act before a peak occurs’
(McNally,1984).And the second path is to obtain the gain factor that will multiply the
delayed signal. And attack time and release time, which are two parameters indicate
how soon the limiter will act after the detected signal exceeds the threshold, and how
soon the limiter will not compress the signal after the input signal’s level is below the
threshold, will be adjusted to the limited signal as well.
In practical application, the attack time will be very short in order to make the limiter
react quickly even for the transient peak signal. Because such a short period peak
signal will also be harmful to the system, a typical attack time will be less than 10ms,
and the release time could be longer as a smoothing filter.
In order to obtain the gain factor, the input signal’s level will be compared to
threshold, and it could be calculated by equation（1）
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Where：
10 20/CTct  is the threshold on the linear scale
3.2 Splitting the limited live sound to three bands
Figure (2) Flow diagram of filtering the input signal to three bands
According to Figure(2), we can know the input signal, which is the compressed live
sound will be split to three bands, and the crossover frequencies will be 300Hz and
3.4kHz due to the frequency range of human’s voice. And in digital domain, this step
could be implemented by using Matlab. Several kinds of filters could be used such as
‘Butterworth’ or ‘Chebyshev ’filters which are the most often used IIR filters. And in
our case, because we will pay more attention to the mid-band signal, so the band-pass
filter will be more important than the low-pass and high-pass filters. Compared to FIR
filters, IIR filters require less memory and calculation to achieve a given filter
response characteristic. For example, a band-pass filter can be implemented more
effective by using an IIR filters than FIR filters. It could be implemented by using just
a few coefficients, and ‘the frequency and phase response of IIR filters could be
obtained only by setting poles and zeroes.’ (Behler et al., 2007). Equation（ 2）
illustrates the rationale of IIR filter.
(2)
As a typical kind of IIR filter, ‘Butterworth Filter’ has the most flat passband and
could be used in this case. Although the roll-off steepness of ‘Butterworth Filter’ is
not good enough ,considering that most of our sound sources are the audiences’ cheers,
so it wound not be a big problem. There is a example of Matlab code to implement a
band-pass filter:
[bm,am] = butter(order,[400/(fs/2) 3400/(fs/2)]);
Where:
butter: Matlab built-in function for establishing a ‘Butterworth’ filter
Order :the order number of the filter
400/(fs/2): the normalized low crossover frequency
3400/(fs/2):the normalized high crossover frequency
signal_mid_butter = filtfilt(bm,am,x)
Where:
x:the signal need to be processed
filtfilt: Matlab built-in function, which means zero-phase digital filtering to the signal
‘x’
bm,am : these two variables are obtained from above , and by using them ,the
characteristic of a filter is determined
Figure(3) frequency response of ‘Butterworth’ band-pass filter
After this, the mid-band signal could be used for side-chain compression soon
afterwards.
3.3 Utilizing the side-chain compressor to balance the live sound and the
narrator’s voice
Figure(3) flow diagram of side-chain compressor
Where:
x1(n): the mid-band signal we obtain above (input signal)
x2(n): the control signal( narrator’s voice )
g(n): the gain factor
y(n):the output signal
According to Figure(3), we can know the basic theory of a typical side-chain
compressor is to use another signal as a control signal, when the level of the control
signal is over the threshold, the input signal will be compressed. And the output signal
could be calculated by equation (3):
y(n)=CT+[(1/CR) *(x2(n)-CT)] (3)
Where:
y(n):output signal (compressed mid-band signal)
CT: threshold
CR:ratio and it could be calculated by :CS=1-1/CR
x2(n):the control signal (narrator’s voice)
Compare to conventional compressor, the biggest difference is that whether the input
signal will be compressed or not is not decided by its own level, but will be decided
by the level of the control signal. And in our case, the input signal is the mid-band
signal which we obtain above, and the control signal is the narrator’s voice. By setting
a appropriate threshold, when the narrator begins to talk, the voice’s level will
exceeds the threshold directly, and the mid-band signal will be compressed, however,
other bands will not be influenced. In live sports games, by using side-chain
compressor, we can easily accomplish voice-over effect.
The processes of compression are very similar to that of limiter. However, the only
difference is the way to obtain gain factor.
So in order to obtain the gain factor, firstly, the control signal will be detected by
RMS detector, RMS detector and peak detector are two main kinds of level detectors.
As for side-chain compressor, RMS detector will be more suitable, because peak
measurement is more suitable for large transient signal, however, to some extent, the
voice signal is not large transient signal.
Secondly, the RMS level of control signal will be convert to logarithmic domain, and
compare to the threshold. After the comparison, it would transfer back to linear scale,
and attack and release time will be adjusted for the compressor at last. The output
signal could be obtained by equation (4)
y(n)=g*x(n-D) (4)
Where:
y(n):the level of output signal
g:gain factor
x(n-D): input signal which is added delay
3.4 recombination
After compression , the compressed mid-band signal will recombine with the other
two bands of signals, and consist the final live sound.
4 RESULT
In order to obtain the result, we can call the Matlab function ‘compressor.m’(which
could be seen in files). This function is to implement all steps I mentioned above. The
input signal is an approximate 10 second football live sound(could be seen in files
called ‘ton1’), and the control signal is a speech signal which contains alternate
speech signals and empty(could be seen in files called ‘ton2’). And in order get a
more obvious result, the threshold of compressor is -30dB. The result could be
illustrated as follows:
The input signal (live sound ) The control signal (narrator’s voice )
The output signal (side-chain compressed signal)
From the figures above, it is obviously that when the narrator’s voice exceeds the
threshold, the input signal (live sound) will be compressed. However, when the
control signal is empty, the live sound will not be compressed. So, to some extent, the
problem we mentioned above could be solved in this way .
5. CONCLUSION
In order to provide better experiences for audiences, how to protect the devices from
overload which caused by transient high sound pressure level, and how to balance the
live sound and narrator’s voice could be a key issue for television engineers. And in
this assignment, one primary method that implemented by digital compressor is
presented. With the development of digital audio system, more and more digital
devices are replacing conventional analog devices. However, compare to analog
system, digital audio system still has shortcoming in real time signal processing. But
the ability of real time signal processing is really important for live sports games
transmission, how to improve the performance of digital system, further research is
still needed
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